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ABSTRACT: 

PURPOSE: To simply change the compression characteristic by 
revising the compression characteristic through a prescribed 
arithmetic operation so as to add the compression characteristic to 
an output audio signal 

CONSTITUTION: This compressor is provided with a digital signal 
processor (DSP) 1 implementing signal processing to add a prescribed 
compression characteristic to an audio signal and a degree number 
changeover section 2 revising the degree number of an arithmetic 
operation equation used for signal processing of the DSP 1 to revise 
the compression characteristic. Then the arithmetic operation of X=l- 
(l-&verbar;X&verbar; ) n is implemented, where X is an output audio 
signal to add the compression characteristic to the output audio 
signal X and n is an integer depending on a noise level and the 
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compression ratio is increased with the n is increased and 
&verbar;X&verbar ; is an absolute value of the input signal. Moreover, 
the degree number changeover section 2 is used to vary the value (n) 
depending on the noise level to revise the compression characteristic 
and to output the output audio signal X. 
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* NOTICES * 

JPO and INPIT are not responsible for any 
damages caused by the use of this translation. 

IThis document has been translated by computer. So the translation may not reflect the original 
precisely. 

2 **** s hows the word which can not be translated. 
3. In the drawings, any words are not translated. 

DETAILED DESCRIPTION 



[Detailed Description of the Invention] 



[Industrial Application] This invention relates to the digital adjustable compressor of an audio signal 
applicable to what starts the digital adjustable compressor of the audio signal using a digital-signal- 
processing technique, especially has the big S/N like CD or DAT. 



[Description of the Prior Art] Voice stops being able to hear in the audio signal part of small-size width 
of face with a sound etc. in car audio equipment with an engine sound or a wind. In this case, volume is 
made into size in the audio signal part of small-size width of face, but a loud sound will come out in the 
audio signal part of the large amplitude produced succeedingly. 

[0003] For this reason, for the conventional compressor processing, the square property and input signal 
level of a semi-conductor are detected, and analog compressor - to which the amplification degree of 
amplifier is changed by that detecting signal, and digital compressor - using the DSP (digital signal 
processor) technique in which compression of a single step is possible are devised. 
[0004] The conventional input-output behavioral characteristics according [ the alternate long and short 
dash line A of drawing 5 ] to an analog form and a broken line B are the conventional input-output 
behavioral characteristics by DSP. The component which has a square property is used in an analog 
form , and it is a degree type [several 2] in analog. 



However, y outputs, x calculates an input and the compression property is given to input-output 
behavioral characteristics. However, although the amount of compression can carry out adjustable to 
continuation at above-mentioned conventional analog compressor -, there is a problem that degradation 
of a tone-quality property is intense. Moreover, the input-output behavioral characteristics by the analog 
form have a barrack problem by the analogue device. 

[0005] For this reason, adding a compression property to an audio signal by digital processing using 
DSP is performed. However, in the input-output behavioral characteristics (refer to B of drawing 5 ) by 
the conventional digital method, an output declines compared with an input, tone quality worsens, 
moreover effective-bits length becomes short, and the problem of a quantization noise comes out. 
[0006] Then, an operation will become very difficult, if (1) type tends to be calculated by DSP and it is 
going to add the input-output behavioral characteristics of the alternate long and short dash line A of 
drawing 5 . The reason is that a division is required and it is not suitable for DSP, and there are too 
many counts of count and processing of DSP does not fulfill demand by (b) and approximation by the 
Maclaurin series by approximation by (a) Newton's method. 

[0007] As mentioned above, an applicant for this patent is the degree type X= l-(l-|x|) 2 to DSP... (2) 
Made ********** perform, have proposed one step of compressors which gave the compression 
property to input-output behavioral characteristics (Japanese Patent Application No. No. 165656 [ two 
to ]), and according to this compressor without being able to add a property equivalent to the 
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compression property A by the analog form to an audio signal, and an output declining compared with 
an input, as shown in the continuous line C of drawing 5 Excluding a division, a compression property is 
added, moreover, the thing of it can be carried out by the small count of count, and property degradation 
is not generated theoretically. 
[0008] 

[Problem(s) to be Solved by the Invention] However, in digital [ one step of ] compressor - proposed 
[ above-mentioned ], only one compression property could be added to the audio signal, but there was a 
problem which cannot change a compression property according to environments, such as noise, for this 
reason. To the audio equipment which has the big S/N like CD or DAT especially, the compression 
property could be changed based on the noise level, the compression property could be added to the 
optimal audio signal according to noise level, it was, and there was a problem. As mentioned above, the 
object of this invention is offering the digital adjustable compressor which can change a compression 
property. Another object of this invention is offering the digital adjustable compressor which can change 
a compression property easily based on noise level. Still more nearly another object of this invention is 
offering the digital adjustable compressor which can realize a desired compression property only in 
addition and subtraction and addition excluding a division. 
[0009] 

[Means for Solving the Problem] The above-mentioned technical problem is a degree type [several 3], 

when setting an input audio signal to x in this invention. 
X=l - (1- I x I) ' 

****** is performed and it is attained by the degree means for switching which carries out adjustable 
[ of the n value ] to DSP which adds a compression property to output audio signal X. However, a 
compression ratio will become large, if adjustable [ of the n ] is integrally carried out according to noise 
level and n is enlarged. Moreover, |x| is the absolute value of an input signal. 
[0010] 

[Function] When setting an input audio signal to x, it is a degree type [several 4] by DSP. 
x - l - ( 1 - I x I ) * 

While performing ****** and adding a compression property, by the degree means for switching, by 
carrying out adjustable [ of the n value ] according to noise level, a compression property is changed and 
output audio signal X is generated. 
[0011] 

[Example] Drawing 1 is the example block diagram of this invention, and the signal flow in the case of 
adding a compression property in Brock of DSP is shown. Drawing 2 is the graph showing the operation 
step of DSP signal processing. 

[0012] In drawing 1 , the digital signal processor (DSP) which performs signal processing by which 1 
adds a predetermined compression property to an audio signal, and 2 are the degree change-over 
sections which the degree of the operation expression used in signal processing of DSP is changed 
[ sections ], and make a compression property change. In addition, x is an input audio signal, X is an 
output audio signal, it normalizes the input audio signal x and it is setting the numeric value (maximum) 
of all BITTOO-RU "1" to 1. In the degree change-over section 2, the microphone with which 21 gathers 
the noise, the noise level detector which detects noise level based on the signal into which 22 was 
inputted from the microphone, and 23 are degree change-over circuits which switch the degree n of the 
operation expression used in signal processing of DSP according to the noise level inputted from the 
noise level detector 22. 

[0013] The positive/negative decision step 1 1 judges the positive/negative of the input audio signal x to 
be in DSP1, The constant generating step which 12 sets to a= 1 at the time of x>=0, and is set to a=-l at 
the time of x< 0, The absolute value operation step to which 13 calculates absolute value yl=|x| of the 
input audio signal x, The subtraction step to which 14 calculates y2=l-y 1, the multiplication step to 
which 15 calculate the exponentiation ofy2, the subtraction step to which 16 calculates y4=l-y3, and 17 
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are multiplication steps which calculate X=a-y4. 

[0014] The multiplication step 15 performs a exponentiation operation based on the degree n according 
to the noise level inputted from the degree change-over section 2 (2 = three ...). For example, y2*y2 are 
calculated at the time of n= 2, y2*y2*y2 are calculated at the time of n= 3, and it calculates at the time 
of n= 4, and it constitutes y2*y2*y2*y2 so that a exponentiation operation may be carried out according 
to an n value. In addition, * is an asterisk. 

[0015] By signal processing of DSP, it is a degree type [several 5] at the time of x>=0. 
x=l - (1- I x I) 1 

When it comes out, output audio signal X shown is obtained and it is x< 0, it is a degree type [several 6]. 
X--1 + (1-Jxl)" 

It comes out and output audio signal X shown is obtained. 

[0016] Actually, DSP1 performs compression processing according to the step shown in drawing 2 . 
That is, if the I/O audio signal x is inputted, the positive/negative will be judged first, and, in the case of 
x>=0, it will be referred to as a= 1, and, in the case of x< 0, will be referred to as a=-l (step 101). 
Subsequently, the absolute value y 1 of the input audio signal x is calculated by degree type y l=|x| (step 
102), and it is y2=l-yl one by one henceforth, (step 103) 
y3=y2*y2, however n= 2 (step 104) 
y4=l-y3 (step 105) 
X=a-y4 (step 106) 

It calculates. By the above, it is a degree type [several 7] at the time of x>=0. 
X=l - (1- I x |) ' 

It comes out, audio signal X shown is outputted, and it is a degree type [several 8] at the time of x< 0. 

X=~l+ X |) i" 

It comes out and audio signal X shown is outputted. 

[0017] (2) X in a formula and the relation of x come to be shown in the alternate long and short dash 
line C of drawing 3 , and are similar with X of an analog form and the relation D of x to (1) type. From 
this, it is expected that the input-output behavioral characteristics of this invention can obtain the input- 
output behavioral characteristics of an analog form and resemblance. 

[001 8] Drawing 4 shows the input-output behavioral characteristics by the pair numeral of this invention 
with a continuous line E, makes them contrast with the input-output behavioral characteristics A and B 
of the conventional analog form and a digital method, and has shown them, carrying out adjustable [ of 
the n value ] based on noise level according to this invention so that more clearly than this — the input- 
output behavioral characteristics A of an analog form __********__ things are made and the 
compression property of having the optimal compression ratio according to noise level can be added to 
an audio signal by switching Degree n based on the detected noise level. 
[0019] In addition, although it is also possible to extend the application range as an expander by 
exceeding 0 and making the value of n into less than one number, although n is using one or more 
positive integers in the example of the invention in this application, in the present DSP for sound, it is 
the relation of operation speed and real-time processing cannot be carried out. However, it is*realizable 
in the future. 

[0020] Moreover, although it is the case where a degree is determined according to noise level, above, 
you may constitute so that a change-over switch may be formed in a control unit and it may become 
switchable in several steps. 

[0021] Furthermore, since the noise and the vehicle speed have correlation, it is also possible to 
constitute so that the vehicle speed may be detected and a degree may be determined. 
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[0022] 

[Effect of the Invention] When considering as the audio signal x for an input above according to this 

invention, it is a degree type [several 9]. 
X=l - (1- | x I) 1 

Since it constituted so that a compression property might be changed by carrying out adjustable [ of the 
n value ] while performing ****** and adding the compression property to output audio signal X, it is 
[ that what is necessary is just to perform addition and subtraction and multiplication moreover 
excluding a division ] suitable for DSP processing. Moreover, while being able to add a property 
equivalent to the compression property by the analog form to an audio signal according to this invention 
Since it constituted so that a compression property might be changed by carrying out adjustable [ of the 
n value ] based on noise level etc. The compression property of having the optimal compression ratio 
according to the noise can be added to an audio signal, even if it uses the audio equipment which has the 
big S/N like CD or DAT, an output does not decline compared with an input and there is no problem of 
a noise. 



[Translation done.] 
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